Abstract: Addition of dither before the quantization (or requantization) linearizes the quantization characteristic for signals of low levels. However, the dither addition increases overall noise, which is uniformly distributed within the whole frequency range. By transposing a part of that energy into frequency regions where a human ear is less sensitive, the present noise can become less audible. Therefore, noise shaping is incorporated in the quantization (requantization). A noise shaping filter can be designed by applying suitable weighting functions that represent audibility to low level noise. The filter's power spectral density should approximate the inverse of the audibility curve. In that way, perceived signal to noise ratio becomes higher. In this paper, some aspects of the noise shaping filter design are analyzed, and an improvement of the design procedure is proposed. The improvement is related to better matching of the filter's power spectral density to the corresponding target curve. The results obtained by the proposed procedure are verified by listening tests.
Introduction
One of the necessary steps in analogue to digital signal conversion is quantization, which sometimes includes requantization, as well. An integral part of that process is a dither addition and noise shaping [1] . The dither addition improves quantized signal resolution at low signal levels and enables reduction of the distortion components [2] [3] [4] . However, simple dither addition (non-subtractive dithering) causes an increase in overall noise, which is uniformly distributed within the whole frequency range [4] . Nevertheless, such a signal is perceptually less disturbing than higher harmonic component distortion [1, [3] [4] [5] . One of the ways to reduce the dither contribution to overall noise is to use a dither subtraction after the quantization [1, 3] . On the other hand, regardless of dithering, a certain amount of output noise, which is generally white, is always present.
To achieve a further improvement in reducing the perceived noise, another approach is used. Audibility of the increased noise can be minimized by transposing a part of the noise energy into frequency regions where a human ear is less sensitive [6] [7] [8] . For that purpose, noise shaping is incorporated in the requantization process using a noise shaping filter. In the requantization topology, the quantizer output error is fed back through the noise shaping filter where it is spectrally shaped, and then subtracted from the quantizer input (see, e.g., [1, 3, 6] ). In order to achieve the mentioned transposing, the filter's power spec-tral density (PSD) should match the corresponding design curve (weighting function) as closely as possible. During the previous period, several weighting functions have been implemented in the noise shaping filter design [6, 7, 9, 10] . Besides, various procedures have been used for designing noise shaping filters [6, 7, [11] [12] [13] . Noise shaping filters obtained by some of the design procedures have PSD significantly different from the aimed design curve (target curve). The difference is especially prominent in the regions of the ear's greatest sensitivity [9, 10] . To overcome this problem, an alternative method of the design is proposed in this paper. This is carried out through the corresponding procedure for both adaptive and fixed filter design [2] . For the sake of comparison, another procedure presented in the literature [7] is also applied. Two weighting functions, called modified E [6] and modified F [7] weighting functions, as well as their modified versions proposed here are used for the filter design. The improvement in shaped noise audibility enabled by the proposed modified weighting functions (design procedure) is examined through the listening tests.
Noise shaping filter design
A noise shaping filter is designed using a weighting function that should accurately represent the ear's sensitivity to low level broadband noise as a function of frequency. In that regard, audibility of the shaped noise strongly depends on the weighting function. There is no weighting function adopted as a standardized function. As a consequence, several functions have been used for this purpose including E weighting function and its modifications (such as modified E and improved E function [6] ), than so called F function and modified F function [7] , etc. The modified E, original F and modified F weighting functions are shown in Fig. 1 . Both the modified E and modified F functions are used in this paper as weighting functions. The curves applied for noise shaping filter design (design curves) are obtained from the mentioned functions by inversion and normalization in such a way that their average logarithmic PSDs are equal to zero.
Procedures for noise shaping filter design
The aim of a noise shaping filter design procedure is to design a filter so that its PSD matches the corresponding design curve as closely as possible. The filter, H( ), obtained in this way minimizes the total perceptually weighted output noise, N ω , as much as possible: where W (ω) is the perceptual weighting function, ω = 2π ( is the frequency), and ω N = 2π( /2), where is the sampling frequency whose value is typically 44 1 kHz. This paper deals with two design procedures already presented in the literature [2, 7] , where only finite impulse response (FIR) filters are designed. The transfer function of these filters is:
The leading delay of one sample
is inherent in the mentioned requantization topology because the error is not obtained before carrying out the quantization process.
Design procedure I
The first design procedure used in this paper is based on the optimization of filter coefficients in such a manner that H ( ) = 1 − H( ) matches the design curve S(ω) as closely as possible, where = − ω . This procedure differs from some others in that S(ω) represents the desired noise spectrum instead of masked error PSD [7] . If Equation 1 is rewritten to take a suitable form:
then the optimization is performed by calculation of:
where is the number of filter coefficients. Equation 3 is minimal only if H (
− ω
) is a minimum-phase filter. More details on this procedure can be found in [2] . The described procedure is applied here by the module developed in Matlab for designing FIR filters of various orders using both design curves (modified E and modified F ). The PSDs of the designed noise shaping filters are shown in Fig. 2 . In order to quantify the difference between the filters' PSDs and the design (target) curves, the root mean squared (RMS) errors are calculated for all filters whose PSDs are presented in this paper, and they are summarized in Table 1 .
Design procedure II
In the second design procedure, a property that the inverse fast Fourier transform (IFFT) of completely specified characteristic 1 − H( − ω ) gives the impulse response of corresponding FIR filter is used [7] . In this case, the design curve represents the squared magnitude of the frequency response of a minimum-phase filter |1 − H(
The phase response can be obtained by implementation of the Hilbert transform [7] . This procedure (procedure II) is also applied here by another module developed in Matlab for designing another set of noise shaping filters of various orders using two previously mentioned design curves. The designed filters' PSDs are presented in Fig. 3 . These filters show good characteristics, but only if the number of filter coefficients is greater than 20. This is because the amplitude of the filter impulse response is typically small only after 20 samples.
Improvement in noise shaping filter design
In order to obtain the filters whose PSDs deviate less from the design curves in the frequency regions of the human ear's greatest sensitivity, a modification of the design procedure I is proposed in this paper. It is achieved through a modification of the design curves. This approach is chosen because of low computational requirements and the fact that it enables designing the filters of low orders with good characteristics. To reduce the difference between the filter's PSD and corresponding target curve, the design curve is modified in a specific way (it is made to be different from the target curve). Thus, the dips in the regions of the ears' greatest sensitivity are made to be bigger, while the PSD magnitude is increased at higher frequencies. The design curve should have bigger dips in each next step of design in the mentioned regions until the difference between the filter's PSD and target curve becomes acceptable (e.g. smaller than the defined threshold). In this way, the design procedure becomes iterative. The desired filter's PSD can be obtained in only a few steps. Alternatively, using the appropriately modified design curve, the design procedure can be non-iterative (done in one step).
The design curves used in the previous examples (modified E and modified F ) together with the versions of these curves modified as explained above (referred to as new modified E and new modified F ) are shown in Fig. 4 . These new (modified) curves are also normalized so that their average logarithmic PSDs are equal to zero.
The modified design procedure is applied in a similar way as the procedures I and II. The results of its application (the filters' PSDs) when the new modified E and new modified F curves are used as design curves are presented in 
Listening tests
The listening tests were performed in order to observe the influence of the obtained improvement in noise shaping filter design on noise audibility. The method of paired comparison similar to the one applied in the literature [3] was used. For that purpose, 25 subjects were involved in the tests. They aged from 20 to 26 (the mean age was 22 8) of which 15 were males and 10 were females without physical disabilities. None of them reported ear abnormalities. Before the tests, the subjects were informed about the procedure.
A pair of signals (stimuli) of duration of 3 s each was presented through headphones with an interval of 1 s. The subjects assessed the degree of noise annoyance in the second signal compared to annoyance of the reference one. The reference signal was composed of 1 kHz sinusoidal signal and unshaped white noise. The amplitudes of the reference signal components were chosen in such a way that the highest degree of annoyance was assigned to this signal (the degree 5). A number of test signals were generated by adding the unshaped or shaped noise to the 1 kHz sinusoidal signal. Noise was shaped by applying the filters of various orders designed by both the procedure I and modified procedure I, where filtering was realized by a software module developed in Matlab.
The subjects evaluated the degree of noise annoyance of the test signal according to the five-grade scale: 5-very annoying, 4-annoying, 3-slightly annoying, 2-perceptible, but not annoying and 1-imperceptible. The subjects were allowed to take one decimal point of resolution. The averaged results of the listening tests for all 25 subjects are shown in Fig. 7 .
Discussion
The PSDs of the noise shaping filters designed by the procedure I using the modified E and modified F design the degree of annoyance of noise shaped by the filters of order 2, 5, 9 and 15 designed by the procedure I using the indicated design curves (modified E, new modified E, modified F and new modified F ) relative to the annoyance of unshaped noise (UN). Fig. 2) show that these PSDs significantly differ from the design (target) curves. The difference is especially prominent in the frequency regions where human ear is the most sensitive. Thus, the significant difference exists around 4 kHz for both curves and around 12 kHz for the modified F curve. Since the filters' PSDs cannot follow the design curves in the mentioned frequency regions, noise audibility is reduced to rather less extent than it could be. Increasing the filter order improves the situation to a certain extent, but only in the filters of lower orders. However, the filter order increase does not solve the problem in general, due to the fact that the differences between the obtained PSDs and design curves still remain pronounced even in the high order filters. This is confirmed by the RMS errors given in Table 1 , since the errors are greater than 5 dB and 8 dB for the modified E and modified F curve, respectively, even in the filters of order 15.
curves (
Comparing the design procedure I with the procedure II (when the modified E and modified F design curves are used, see Fig. 2 and 3) , it is observed that the procedure II gives better results, i.e. PSDs of the filters obtained by the second procedure better match the design curves. However, this is mostly valid for higher order filters. Unfortunately, higher order filters do not represent the best solution regarding the requirements that have to be fulfilled in real time applications. So, a desirable solution would be to design a filter of low order with good characteristics. When the new modified design curves (new modified E and new modified F proposed here) are used for the noise shaping filter design by the procedure I, the difference between the filters' PSDs and the target curves (modified E and modified F ) can be significantly reduced, as shown in Fig. 5 and Table 1 . The PSDs of the filters obtained with new modified E curve are similar to each other and to the modified E curve (target curve) independently of filter order (see Fig. 5(a) ). In the filters obtained with new modified F curve, there is a certain improvement with an increase in filter order (Fig. 5(b) ). Thus, the PSD of the filter of higher order matches the target curve (modified F curve) better. The difference between the filter's PSD and the target (modified F ) curve in the frequency regions of the ears' greatest sensitivity is negligible in the filters of order 9 (see Fig. 6 ) and higher. Besides, it is very important that low order filters also have quite acceptable characteristics (e.g. the RMS error for the 5 th order filter given in Table 1 is reduced by about 3 dB, and it is approximately 5 dB). Based on the results of the listening tests (Fig. 7) , it can be observed that the improvement (modification) suggested here leads to a less audible shaped noise in comparison to the case where this improvement is not implemented. The improvement in noise audibility is generally smaller for the modified E curve, that is, new modified E curve than for the modified F curve, that is, new modified F curve. However, it is important that even low order filters designed by using the new modified E curve provide less audible noise. In addition, it is also important that the filters designed by using the new modified F curve lead to a significant improvement regarding the noise audibility (i.e. annoyance reduction of about one degree).
Conclusions
This paper analyses design of the noise shaping filters and proposes the improvement in the design procedure. The aim is to design the filters whose PSDs match the corresponding target curve as closely as possible. In order to achieve this, it is suggested that the design curves (used for the filter design) should be modified in the way to minimize the differences between the target curves (not used for the filter design) and filters' PSDs, especially in the frequency regions of the ears' greatest sensitivity. The proposed improvement can be applied in the very fast and efficient design procedure. In this way, it is possible to reduce the differences between the filters' PSDs and the target curves to almost negligible level already with 9 th order filter (the RMS error is reduced by about 5 dB, and it is close to 3 dB). Even with the low order filters (2 nd or 3 rd order), the results are quite acceptable (the RMS error is reduced by about 3 dB compared with the case when the proposed improvement is not applied), which is an important characteristic of the proposed technique. Also, the listening tests show that the proposed improvement contributes to the reduction of shaped noise audibility.
